UMTS is designed to offer high bandwidth radio access with QoS assurances for multimedia communications. In particular, real-time video communications services are expected to become a successful experience under UMTS networks. In this context, a video transmission service can be designed over the basis that UMTS can provide either a constant bit rate data channel or a dynamic variable bit rate data channel adapted to load conditions. In this latter approach, which is more efficient for both the user and the service provider, multimedia sources have to be timely designed in order to adapt their output rate to the instantaneous allowed channel rate. The target of this paper is to define an analytical model of adaptive real-time video sources in a UMTS network where system resources are dynamically shared among active users. . Rate Controller monitors the available bandwidth, the activity of the frame which is being encoded, the encoding mode, and the state of the transmission buffer to take into account the amount of data used to encode the previous frames; then it chooses the appropriate parameters in such a way that the transmission buffer at the source never saturates. The relationship between the encoding parameters and the above information is the socalledfeedback law. The target of this paper is to define an analytical model of real-time video sources over UMTS Terrestrial Radio Access Network (UTRAN), with the aim of studying the effects of the conditions of the UMTS uplink channel on the performance of realtime video communications. To this aim, the whole system is modeled as an emission process feeding the transmission buffer; the server of this buffer behaves according to the channel conditions, and in particular, the available bandwidth. Particularly, the service rate is directly proportional to the available channel bandwidth per user. We denote the whole transmission system model as SBBP/SBBP/1/K since it is a queuing system model characterized by two switched batch Bernoulli processes (SBBP) [3] , one modeling the traffic at the input of the buffer, and the other modeling the buffer queue server; K represents the buffer queue dimension. In our case, the queuing system is rate controlled since the first SBBP behavior is controlled by the state of the queue. The analytical model can be applied to the design of both the source encoding parameters, such as the feedback law, and some network parameters, 1-4244-1521-7/07/$25.00 §2007 IEEE MW-63
INTRODUCTION
Universal Mobile Telecommunication System (UMTS) has been defined to provide the third generation of mobile telecommunication systems.
UMTS has its out-spring from the second generation system GSM. It is designed to offer high bandwidth radio access for multimedia communications as well as the traditional voice services, and to provide a wide range of bearer services with different levels of Quality of Service suitable for multimedia applications with bit rates ranging from 64kb/s -2Mb/s in different environment conditions. In the UMTS radio interface, data generated at higher layers is carried over the air with transport channels, which are mapped in the physical layer to different physical channels. The physical layer is required to support variable bit rate transport channels to offer bandwidth-on-demand services, and to be able to multiplex several services to one connection. This flexibility is achieved within the physical layer by supporting different transport block sizes, CRC code lengths, channel coding schemes, transport time intervals, rate matching and spreading factors. The perceived quality of the application seen by the end user is greatly affected by the settings of these radio access parameters. An important issue to be accounted is that the chanThe authors would like to acknowledge the funding from EU FP6 IST-NEWCOM project.
nel bandwidth seen by each user is time-variant, and therefore traffic sources have to adapt their output rate to follow the channel behavior. To this aim, each source has to determine channel distortion before transmitting each piece of information, and adapt encoder/network parameters in a way that maximizes the quality of the received video at the decoder. In this context, designing multimedia sources in order to be able to adapt their output rate to the strongly variable channel conditions optimizing quality perceived at destination, will be challenging for future research. To this aim, a central role is played by Rate Controller which works tightly coupled with the encoder to appropriately set its encoding parameters [1] [2] . Rate Controller monitors the available bandwidth, the activity of the frame which is being encoded, the encoding mode, and the state of the transmission buffer to take into account the amount of data used to encode the previous frames; then it chooses the appropriate parameters in such a way that the transmission buffer at the source never saturates. The relationship between the encoding parameters and the above information is the socalledfeedback law. The target of this paper is to define an analytical model of real-time video sources over UMTS Terrestrial Radio Access Network (UTRAN), with the aim of studying the effects of the conditions of the UMTS uplink channel on the performance of realtime video communications. To this aim, the whole system is modeled as an emission process feeding the transmission buffer; the server of this buffer behaves according to the channel conditions, and in particular, the available bandwidth. Particularly, the service rate is directly proportional to the available channel bandwidth per user. We denote the whole transmission system model as SBBP/SBBP/1/K since it is a queuing system model characterized by two switched batch Bernoulli processes (SBBP) [3] , one modeling the traffic at the input of the buffer, and the other modeling the buffer queue server; K represents the buffer queue dimension. In our case, the queuing system is rate controlled since the first SBBP behavior is controlled by the state of the queue. The analytical model can be applied to the design of both the source encoding parameters, such as the feedback law, and some network parameters, such as the maximum number of users in the UMTS cell. The paper is structured as follows. Section 2 describes the considered system, which is constituted by a UMTS network populated by mobile video users. Section 3 presents the proposed model. The model is then applied to a case study, and Section 4 provides some numerical results. Finally, Section 5 concludes the paper.
2
SYSTEM DESCRIPTION In this section we model a UMTS cell loaded by rate-controlled MPEG video (RCMV) sources, as shown in Fig. 1 . Assuming that all sources present the same statistical characteristics, in order to capture the overall behavior and to evaluate performance of both each source and the system as a whole, we focus our attention to a given video source, in the following referred to as tagged source (TS). As shown in Fig. 1 , it is an MPEG video source whose \PEG encoder is controlled by a rate controller. The target of the rate controller is to choose the quantizer scale parameter (QSP), q, to be used to encode each frame, starting from the knowledge of the activity value a of the frame which is being encoded, its encoding modej, and the number of packets SQ which are present in the transmission buffer. This is obtained by implementing the feedback law q = 0(SQ, a, j) . The definition of the feedback law depends on the target we want to pursue. For example, we can address the target of achieving the same number of packets for each encoded frame, on average, in order to minimize the burstiness of the traffic sent over the network. Another feedback law can be defined with the target of obtaining a constant number of packets per Group of Pictures (GoP) leaving the number of packets for encoding each frame in the GoP variable in order to pursue a constant distortion level within the GoP. The output flow of the MPEG encoder is then packetized and sent to the Transmission Buffer. The emission process of the transmission buffer server depends on the channel transmission capacity and, in particular, coincides with the time-varying available bandwidth, as will be discussed later. 3 SYSTEM MODEL To model the system described in Section 2 we first use a discrete-time approach, where the frame duration, A, is used as the time slot. This discrete-time approach will then be replaced with a fluid-flow approach for numerical analysis. Let us indicate the number of active video users in the UMTS cell at the generic slot n as U(n), and assume that U(n) varies according to a finite birth-death discrete-time Markov model, whose behavior is described by the rates of a birth, rb, and a death, rd . Let uI be the maximum number of users in the cell, and Q(U) the transition probability matrix of the process U(n). The adaptive-rate MPEG video source is modeled as an SBBPISBBP 1IK queuing system, where the first SBBP, Y(n) represents the arrival process to the transmission buffer, the second SBBP, N(n), represents the service process, and K is the maximum number of packets the video source transmission buffer can contain. Section 3.1 briefly defines the SBBP model and some notation. Then we introduce the models of the non-controlled video source (Section 3.2), the UMTS channel (Section 3.3), and finally the overall system (Section 3.4).
3.1
Switched batch Bernoulli process (SBBP) An SBBP Y(n) is a discrete-time emission process modulated by an underlying Markov chain. Each state of the Markov chain is characterized by an emission probability density function (pdf): the SBBP emits data units according to the pdf of the current state of the underlying Markov chain. Therefore an SBBP Y(n) is fully described by the state space 3'Y) of the underlying Markov chain, the maximum number of data units the SBBP can emit in one slot, rjY, and the set (Q (Y) ,B0y)), where Q(y) is the transition probability matrix of the underlying Markov chain, while B' is the emission probability matrix whose rows contain the emission pdf's for each state of the underlying Markov chain. Below we will introduce an extension of the meaning of the SBBP to model not only an emission process, but also the activity process which characterizes the video sequence. In the latter case, we will indicate it as an activity SBBP, and its matrix B' as the activity probability matrix.
3.2
Non-controlled video source model Let us define the SBBP process Y (n) , modeling the emission process of the non-controlled MPEG video source at the packetizer output for each quantizer scale parameter (QSP) q E [1,3 1] . This model was proposed in [3] [4] . So, for the sake of completeness, here we will only define notation. The model captures two different components: the activity process behavior and the activity/emission relationships. As input it takes the first-and secondorder statistics of the activity process, and the three functions, one for each encoding mode (I, P or B), characterizing the activity/emission relationships. The state of the underlying Markov process of PTmax is the maximum allowed transmission power.
If in the generic slot n, U(n) = u users are connected to an UMTS base station, the following expression must be held for the total amount of power received from mobile users if inter-cell interference is not accounted: (6) The maximum number of packets that can be transmitted in one slot is <j max {D, + 1}.
3.4 Rate-controlled video source model As shown in Fig. 1 system as S( (n)(sQ(n), sfN) (n), S(') (n)), where: * S'Q) (n) is the transmission buffer queue state in the n-th slot, i.e., the number of packets in the queue and in the service facility at the observation instant; 
where s' is the transmission buffer state in the generic slot n, while r and d are the server capacity and the number of arrivals at the slot n + 1. The channel SBBP N(n), modeled so far, can be equivalently characterized through the set of transition probability matrices, M(X)(d), which are transition probability matrices including the probability that the server capacity is d (in [packets/slot]). Their generic element is defined as follows:
The RCMV source emission process is modeled by an SBBP whose emission probability matrix de- 
where:
q(2) (SQ a j(2)) is the QSP chosen when the frame to be encoded is the j(2) -th in the GoP, the activity is a (2) and the transmission buffer state before encoding this frame is sQ; * fAct (a(2) i(2), j (2)) is the probability that the generic frame j(2) in the GoP has an activity a'2' when its activity level is i(2 [6] . However, the spectral decomposition approach used in [6] is prone to numerical errors especially for large-scale problems like the one studied in this paper. Therefore, we propose to use the ordered Schur decomposition [7] and the spectral divide and conquer problem of [8] 
